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Abstract 
This computer code project based mostly paper is for a vision of the close to future during 
which pc interaction is defined by natural face-to-face conversations with lifelike characters 
that talk, emote and gesture. The first step is speech. The dream of a real computer game, a 
whole human-computer interaction system won't come back true unless we tend to try and 
offer some perception to machine and build it understand the skin world as humans 
communicate with one another. This software package project is below development for 
“listening and replying machine (Computer) through speech”. 
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INTRODUCTION 
Speech process is the study of speech 
signals and also the process ways of 
those signals. The signals area 
unit sometimes processed in a 
very digital illustration, thus speech proces
s will be considered a special case of 
digital signal process, applied to speech 
signal. Aspects of speech process include 
the acquisition, manipulation, storage, 
transfer and output of speech signals. 
 
RESONANCE 
The swing is an example of a setup, a 
straight forward physical system which 
will exhibit oscillations or a pattern of 
motions that repeats with very little 
variation with a hard and fast repetition 
time. The conditions that support this sort 
of oscillation are comparatively easy and 
extremely common within the physical 
world, that means that the easy arithmetic 
describing the link between the input 
(child‟s weight shifts) and output (swing 
motion) apply mostly unadapted in an 
exceedingly big selection of things. In 
specific, we have a tendency to have an 
interest within the development of 
resonance that refers to the only “best 
frequency”–the approach that the most 
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important swinging amplitude happens 
once the swinger injects energy at one 
frequency that depends on the physical 
properties of the oscillatory system (which 
are sometimes fixed) [1]. 
 
SINUSOIDS 
Mathematical equivalents of the apparatus 
and some easy variants are remarkably 
common within the wildlife, starting from 
the task of associate degree to rock a 
corner automobile out of a drift to the 
shaking of the earth‟s crust once an 
earthquake, all the thanks to the quartz at 
the centre of a ticker or a non directional 
antenna. There are a handful of aspects of 
this common development that we must 
always note at this time about the form of 
the resonant wave [2]. 
 
LINEARITY 
Prior to presenting the central plan of 
Fourier analysis, there is another 
supporting thought to explore: one-
dimensionality. Terribly roughly, one-
dimensionality is that the concept that 
scaling the input to a system can lead to 
scaling the output by an equivalent 
quantity–that was implicit the selection of 
victimization the magnitude relation of 
input to output amplitudes. The magnitude 
relation of input to output did not rely 
upon absolutely the level of input (at least 
at intervals affordable bounds).  Linearity 
is an idealization, but happily it is widely 
obeyed in nature, particularly if 
circumstances are restricted to small 
deviations around some stable equilibrium. 
In signal processing, we use „system‟ to 
mean any process that takes a signal (e.g., 
a sound waveform) as input and generates 
another signal as output. A linear system is 
one that has the linearity property and this 
constitutes a large class of real- world 
systems including acoustic environments 
or channels with rigid boundaries, as well 
as other domains including radio waves 
and mechanical systems consisting of rigid 
connections, ideal springs and dampers. Of 
course, most situations of interest 
additionally involve some nonlinear parts, 
e.g., the vocal folds that convert steady 
atmospheric pressure from the lungs into 
periodic pressure waves within the (largely 
linear) vocal tract. One-dimensionality has 
a vital and delicate consequence: 
superposition. The property of 
superposition implies that if you recognize 
the outputs of a specific system in 
response to 2 completely different inputs, 
then the output of the system in response 
to the total of the 2 inputs is just the total 
of the 2 outputs [3]. 
 
FOURIER ANALYSIS 
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The core of signal process is analysis and 
also the core of analysis could be an easy 
however, somewhat stunning fact: Any 
periodically-repeating wave is expressed 
as a add of sinusoids, every scaled and 
shifted in time by applicable constants. 
Moreover, the sole sinusoids needed area 
unit those whose frequency is associate 
number multiple of the elemental 
frequency of the periodic sequence. These 
sinusoids area unit referred to as the 
harmonics of the elemental frequency. To 
get associate in nursing every which way 
sensible approximation to associate in 
nursing absolute periodic undulation, it 
should be necessary to incorporate an 
awfully sizable amount of sinusoids i.e., 
continue up to sinusoids whose frequency 
is incredibly ten high. However, it seems 
that the scaling of any single sinusoid that 
offers the most effective approximation 
does not rely upon what number sinusoids 
square measure used. Thus, the 
mostffective approximation victimization 
solely many sinusoids will be derived from 
a higher-order, additional correct 
approximation just by dropping a number 
of the harmonics. 
 
FILTERS 
In signal process, a filter is actually system 
with AN input and an output, however, the 
term implies that the properties of the 
system square measure being viewed as 
accentuation bound aspects of the signal 
whereas reducing or removing bound 
others. In an exceedingly linear time 
invariant filter, it is the Fourier parts-
sinusoids of differing frequencies-that 
square measure designated, which means 
that they are either amplified (made larger) 
or attenuated (made smaller). There are 
infinitely many possible filters, 15 even 
within this relatively narrow, idealized set, 
but they are typically categorized 
according to the broad properties of how 
their scaling effects vary with frequency: a 
low-pass filter boosts low frequencies 
close to zero; high pass does the converse, 
attenuating lower frequencies; band-pass 
selects frequencies within a limited range, 
and band-stop or notch filters remove 
specific frequency ranges. 
 
THE SPECTROGRAM 
Filters and signal process occur in several 
places in acoustics and speech science, 
from cleansing up field recordings through 
to acting information compression on 
archives, however, maybe its greatest 
impact is in providing analysis tools which 
will live and quantify totally different 
acoustic phenomena and may be the 
foremost acquainted of these is that the 
spectrograph. We are able to currently 
exactly describe however, a spectrograph 
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image is built, victimisation the concepts 
bestowed to date, however, initial we have 
a tendency to should mention an added 
reason why sinusoids and therefore, the 
frequency domain square measure thus 
vital and relevant for sound: the character 
of hearing. 
 
SPEECH FEATURES 
One vital and illuminating application is 
automatic speech recognition (ASR), 
wherever signal process is concerned at 
the terribly starting to convert the raw 
speech signals into options that commit to 
extract the data from the speech signal 
most relevant to recognition, whereas 
excluding (being invariant to) tangential 
info and at a similar time creating the 
illustration as tiny as potential, to scale 
back the process burden. 
 
Spectral Features 
Although, it is only used directly in fairly 
rare circumstances, the vast majority of 
speech recognition features are essentially 
based on the spectrogram. In particular, 
speech is first segmented into overlapping 
short fragments of 20–40 ms, which are 
given smooth edges with a tapered 
window, then transformed to the frequency 
domain to find the magnitude of the 
energy in each frequency band, while 
discarding the phase. One reason the 
unrestricted photograph is unpopular is 
that this can be still a really giant 
illustration e.g., 256 values per frame, that 
simply means that additional work and 
additional parameters within the later 
pattern recognition stages. In fact, the 
essential challenge of speech recognition is 
with success recognizing completely 
different instances of a similar sound as 
happiness to a similar category-for 
instance, a specific vowel pronounced by 
folks and at different pitches. Twenty four 
an excessive amount of spectral detail 
tends solely to form this generalization 
more durable. 
 
MFCCs 
The most common features used in speech 
recognition are the Mel-frequency cepstral 
coefficients or MFCCs. Let us explain 
these two parts separately. The Mel-
frequency scale could be a nonlinear 
mapping of the hear able frequency vary 
that was planned within the half of the 
20th century to account for listener‟s 
judgments regarding the relative distance 
between tones-a hard and fast separation 
on the Mel axis is meant to lead to pairs of 
tones that are judged as equally completely 
different in pitch. The size is some linear 
below a thousand cycle and some index 
higher than a thousand cycle, reflective the 
widely-supported result that human sound 
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perception features a information measure 
that will increase with frequency-this is 
often even discovered within the tube, 
wherever the resonant structures have 
broader and broader calibration and wider 
spacing, within the higher frequencies. The 
consequence of this is that a conventional 
spectrogram, which allocates as many 
pixels to the spectrum between 0 and 500 
Hz as it does to the 3500 to 4000 Hz range, 
seems to be paying too much attention to 
the higher frequencies at the expense of 
low-frequency details. 
 
CONCLUSION 
This chapter has reviewed some aspects of 
signal process, ranging from a minimum of 
assumed background, with the aim of 
giving some extra insight into the 
properties and that means of the signal 
process operations and results most 
frequently encountered in acoustics. With 
none equations, we tend to hope to possess 
equipped some helpful, intuitive insights 
and explanations regarding the operations 
of speech signal process. 
 
REFERENCES 
1. Available at: 
https://en.wikipedia.org/wiki/Speech_p
rocessing. 
2. Available at: 
https://www.ee.columbia.edu/~dpwe/p
ubs/Ellis10-introspeech.pdf. 
3. Available at: 
http://www.cs.rochester.edu/u/james/C
SC248/Lec13.pdf. 
 
